In this paper an RC time constant digital-tuning method is proposed for multi-bit continuous-time Delta-Sigma modulators. In this approach the effects of the imprecise RC time constant are compensated in digital domain without any requirement to the conventional analog tuning circuitries. In this method, acquiring the response of the loop-filter of the modulator to a known input signal, the actual loop-gain of the modulator is estimated. Comparing the actual loop-gain and the ideal loop-gain, a proper digital IIR (impulse invariant response) filter is inserted in the feedback path of the modulator. Analytic formulas and MATLAB simulations prove that the proposed method compensates the detrimental effects of the imprecise RC time constant appropriately.
Introduction
Continuous-time (CT) Delta-Sigma modulators (DSM's) are a suitable candidate for high speed, moderate accuracy and low power ADC's. The public use of CT DSM's is hindered because of some problems of these modulators such as excess loop delay, clock jitter, DAC dynamics, and imprecise RC time constant phenomena.
In discrete-time (DT) DSM's the analog coefficients are realized by the ratio of two capacitors with a good matching property. In contrast in CT DSM's the analog coefficients are realized by imprecise RC time constants or g m C parameters [1, 2] . In this paper the effects of the imprecise RC time constant are investigated in multi-bit continuous-time Delta-Sigma modulators and as a new solution this problem is solved in digital domain without any requirement to the conventional analog tuning circuitries. This approach decreases the complexity of the analog circuitries and exploits the digital capabilities of the new CMOS technologies.
The proposed digital-tuning technique is described in section 2. In order to verify the proposed technique a few MATLAB simulations are performed in section 3 and finally the paper is concluded in section 4. In this section the effects of the imprecise RC time constant on the loopgain of the modulator are analyzed. Making use of the analytic formulas of this section and exploiting the digital infrastructure of [3] , those detrimental effects are eliminated in digital domain without any need to the conventional RC tuning circuitries.
The Imprecise RC Time Constant Effects
In order to study the effects of the imprecise RC time constant on the loopgain of the modulator, the prototype structure of Fig. 1 is investigated. It is a 3 rd order 5-bit CT DSM with over sampling ratio (OSR) of 16. In Fig. 1 the clock period of the modulator and intentional delay of DAC B are described by T and d respectively. It is assumed that T is identical to RC time constant of the integrators. Moreover if d is chosen properly, it will compensate the excess loop delay of the modulator. The exact design methodology of the modulator can be found in [4] . The equivalent z-domain loop-gain of Fig. 1 , H LG (z) are extracted as shown in relation (1) . In this relation a, b and c are identical to 2.615, −2.792 and 1.127. These values are the desired coefficients of the modulator.
Making use of the fractional representation of H LG (z), the following relation is resulted in:
In all of the following relations the variable n denotes to the time in discretetime domain. Our purpose is to derive the impulse response of the loop-filter of the modulator, h LG (n). Utilizing the z-transformation tables of [5] and performing a few manipulations, h LG (n) is derived as follows in which the function u(n) points to the step function defined in relation (5) .
The imprecise RC time constant causes the desired loop-gain, H LG (z) is changed to an undesired loop-gain as shown in relation (6). In this relation a , b and c are the actual coefficients of H LG (z). In our analysis the superscript' is used to indicate the actual values. As a helpful fact it is considered that the denominator of the loop-gain transfer function is independent from the imprecise RC time constant of the modulator, simplifying our analyses.
Considering the similarity between relation (1) and (6), the impulse response of the actual loop-filter is obtained as follows:
The open-loop structure of Fig. 1 is shown in Fig. 2 . a. In order to determine the actual values of a , b and c , the open-loop structure is stimulated by v(n). The relation (8) describes its formula. It includes two delta-dirac functions whose amplitudes are k 1 and k 2 . Consequently the output response of Fig. 2 . a h LG (n) is extracted as shown in relation (9).
Making use of relations (7) and (9), the matrix equations are easily derived as shown in relation (10). In this relation a , b and c are unknown and h LG (1), h LG (2) and h LG (3) are determined by measurement.
Therefore as a result of solving the equation (10), the coefficients of the actual loop-gain of the modulator are estimated as follows: 
Digital Pre-Filtering
In order to compensate the detrimental effects of the imprecise RC time constant, the infrastructure of [3] is employed. The final structure of the modulator, involving a digital pre-filtering, is shown in Fig. 2 . b. In this structure the transfer function of the digital filter D(z) is chosen so that the following relation is satisfied [3] .
Hence the transfer function of the digital filter is determined as follows:
Simulation Results
In order to verify the validity of the proposed digital-tuning method, a few MATLAB simulations are performed on the CT DSM of Fig. 2 . b and the simulation results are summarized in this section. In these simulations for calculating SNR, both 4096-point FFT and Hanning-window are utilized. Besides; as an example, an RC time constant variation about +20% is assumed and the effects of the imprecise RC time constant are compensated in digital domain. In order to measure h LG (1), h LG (2) and h LG (3), the structure of Fig. 2 . a is employed. In this structure the amplitude of v(n) must be chosen so that the output voltage of the loop-filter doesn't exceed the input full scale of the internal ADC. In Fig. 2 . a it is assumed that the allowable input range of the internal ADC and the allowable output range of the DAC are between
. So the parameter V LSB is defined as shown in relation (17) in which N points to the resolution of the internal ADC.
Employing the structure of Fig. 2 . a and applying the input signal of relation (8) (k 1 = 5V LSB , k 2 = −10V LSB ), the output response of the loop-filter is acquired as follows. In practice the finite resolution of the internal ADC causes an error in our measurements.
Making use of the measured data and employing the relations (11), (12) and (13), the transfer function of the digital filter is estimated as follows:
In Fig. 3 . a the output spectrum is depicted for both ideal and digitally compensated CT DSM's. In this simulation the amplitude of the sinusoidal input signal,x in (t) is 0.42 V. It is considered that the quantization noise floor of the digitally compensated CT DSM is increased. This fact complies with the rule of thumb argument of [3] that predicts about 6 dB SNR loss due to the digital filtering. The SNR's of both ideal and non-ideal CT DSM's are about 84.2 dB and 78.94 dB respectively.
In Fig. 3.2 . b the dynamic range profile of the modulator is shown for both ideal and non-ideal CT DSM's. The simulation result confirms that the proposed digital tuning approach is effective for a wide range of input signal amplitudes. Besides; as a disadvantage for the digitally compensated CT DSM, it also depicts an SNR loss about 6 dB. 
Conclusion
In this paper making use of an infrastructure for digital pre-filtering in multibit CT DSM's, the imprecise RC time constant is tuned in digital domain. The proposed method doesn't have any requirement to the conventional analog tuning circuitries. In this method, acquiring the output response of the loop-filter of the modulator to a known input signal, the actual loop-gain of the modulator is estimated. Then the actual loop-gain is compared with the ideal loop-gain and finally a proper digital IIR filter is inserted in the feedback path of the modulator. Analytic formulas and MATLAB simulations prove that the proposed method compensates the detrimental effects of the imprecise RC time constant properly.
